Abstract---
INTRODUCTION
As the technology is varying day by day the advancement of technology is very much required for the user satisfaction. In the matter of security and investigation the system should be very powerful and advance. Speaker Recognition System is providing the best biometric authentication. The voice of human is a natural signal having unique features. It has both biological and behavioural features. The speech contains certain aspects of the speaker identity, emotion, gender etc. Speaker authentication finds its application in the speaker identity associated with the speech conveyed. This paper introduces two of the most popular Cepstral based feature extraction technique [1] MFCC, frequency mapped into mel-scale then converted to Cepstral domain and LPCC, linearly predicted frequency mapping converted to the Cepstral domain.
II.
SPEAKER RECOGNITION SYSTEM Speaker recognition, which requires two applications: speaker recognition and speaker verification, is the process of automatically identifying who is speaking on grounds of individual information included in voice waves.
Speaker verification-Speaker
verification is the process of checking whether the speaker identity is who the individual claims to be. 
IV. MEL FREQUENCY CEPSTRAL COEFFICIENT (MFCC )
It is based on human hearing perception but it can't perceive frequencies above 1KHz [2] . Technique of computing MFCC is based on the short-term analysis, and thus from each frame a MFCC vector is computed. MFCC extraction is similar to the cepstrum calculation except that one special step is inserted, namely the frequency axis is warped according to the mel-scale. MFCC has two different types of filter, which are arranged linearly at low frequency below 1000 Hz and logarithmic spacing above 1000Hz. The complete functionality of MFCC is described below [8] : LINEAR PREDICTIVE CEPSTRUM COEFFICIENT (LPCC) Linear Predictive Coding (LPC) is a popular feature extraction technique for both speech recognition and speaker identification. The main idea behind LPC [2] is that a provided voice sample can be approximated as a linear combination of the past voice samples. LPC models signal as a linear combination of its past values and present input (vocal cords excitation) [6] . If the signal will be described only in terms of the linear combination of the past values then the difference between real and predicted output is called prediction error. LPC minimizes the prediction error to end out the coefficients. In speaker recognition task, LPC based on short-term analysis approach is used. This method is more suitable for realtime application. In speaker recognition area the set of prediction coefficients. In the context of speaker verification, LPCC are used to capture speaker specific information manifested through vocal tract characteristics of the speaker is usually converted to the so-called Linear Predictive Cepstral Coefficients (LPCC), because the cepstrum is proved to be the most effective representation of speech signal for speaker recognition. The complete processing of LPCC is shown below [4] , [10] :
Fig.4: LPCC Methodology

VI.
MFCC AND LPCC COMPARISON 1. MFCC are Cepstral coefficients computed on a warped frequency scale which is described on the basis of human auditory perception and LPCC are Cepstral coefficients that correspond to the human articulatory system based on linear prediction. [5] . 11. The principle behind the use of LPCC is to minimize the sum of the squared differences between the original speech signal and the estimated speech signal over a finite duration. But in MFCC the Mel scale is logarithmic scale that resembles the way in which human ear perceives sound. Mel scale filter bank maps the powers of the spectrum obtained above onto the Mel scale by using triangular overlapping windows. The Mel scale is represented by the following formula [2] : a. Mel (f) = 2595*log 10(1 + f/700) 12. MFCC and LPCC methods are applied to the overlapping frames of speech signal, the dimension of feature vector depends on dimension of frames [10] . 13. From the simulation results we conclude that MFCC algorithm, which require more computation but perform better than LPCC in terms of efficiency and accuracy. 14. MFCC gives consistent results and is robust to noise due to the fact that it is based on human perception of speech [9] .
VII. CONCLUSION MFCC and LPCC both are the important features obtained from speaker's voice. There are different measures for comparing the performance of these features. According to number of filters, different algorithms, dimension of frames etc. , the features vary in their performance.
